Abstract-In instrumentation and measurement systems, external noise is often a significant problem. Amplitude modulation is often employed to transform a lowpass system into a narrowband one. In this paper, a technique is proposed to estimate an amplitude-modulated signal using a matrix representation of coherently sampled repetitive measurement sweeps. It is also shown how the technique may be extended using partitioning of the signal matrix to account for both sensor offset and linear time drift. The method is able to simultaneously produce good estimates of the signal amplitude, drift and offset. Results demonstrate that the technique is promising when applied in situations where sensor drift precludes the normal application of synchronous detection.
I. INTRODUCTION
Practical sensor and measurement systems are able to benefit from signal processing -typically this involves bandpass filtering, but often correlation and noise estimation algorithms. When signals to be measured contain a significant noise component, this has to be removed in order to make a sensible estimate of the desired quantity.
It is not uncommon to find application of sampled-data algorithms in domains such as medical and industrial settings. Standard approaches include lowpass or notch filtering, optimal filtering, correlation, and FFT analysis. Although synchronous detection is theoretically immune to constant offset, low-rate drift gives erroneous measurements and thus renders the technique inapplicable. Removing this drift could be performed by either enhancements to the analog signal conditioning, or pre-processing before the detection stage.
The problem specifically addressed in this paper arises in the optical measurement of gas concentration. Conventional chemical sensors for methane and other flammable gases rely on the interaction of the gas molecules with a surface, typically with the conduction changing in proportion to the gas concentration. Although widely used, this type of sensor has several inherent limitations. First, poisoning of the surface of the sensor leads to a relatively short lifespan, with possibly reduced accuracy towards the end of the lifetime. Secondly, other contaminating factors such as dust, dirt and humidity can affect the accuracy of the sensor. Finally, they require electrical connection, and often a heating element for catalytic operation. This may present a problem in environments where there is an explosion hazard.
To overcome these limitations, several researchers have investigated optical means of detection. The experimental setup employs infrared (IR) LEDs at wavelengths targetted at the particular infrared absorption band of the gas. In the case of methane (a primary constituent of natural gas), commercial IR LEDs are available in the approximate vicinity of absorption bands of 1600nm and 2400nm. The emitter is used to irradiate a sample of gas, typically arranged as a longitudinal tube with gas ingress and egress, and detector situated at the end of the longer axis. Absorption of the IR can then be detected, and the amount of absorption may be related to the concentration of gas. Typically, interest is in concentrations well below the explosive limit for methane of 5%. Silicon detectors are typically not sensitive at these near to mid infrared wavelengths, and InGaAs detectors are employed. However, such detectors have a wide optical bandwidth, leading to significant noise power in the measured signal. An additional complication is that the IR LEDs cannot be driven by a continuous signal, due to localized heating effects. Investigations of the role of DSP in gas detection problems may be found in [1] - [3] .
However, the requirement to employ a pulsed waveform can be turned to advantage. This is because the drive signal is known, and can be correlated with the response signal. Such a technique, often called synchronous detection, has been traced to the early work of Dicke [4] . This technique, most commonly termed "lock-in detection", is often used in physical laboratories for measuring very small quantities of some physical parameter [5] , [6] . Thus the amplitude to be measured is, in effect, modulated at a certain frequency, and this frequency is detected. The advantages of this method are well known. In particular, the effect of flicker or 1/f noise is most prevalent at low frequencies, and modulation at some higher rate reduces the noise power. The process is, in effect, a modulation one, and in the communications literature would be referred to as homodyne detection employed in so-called zero-IF or synchrodyne receivers.
A distinct, but related, technique is that of coherent averaging [7] . This technique is used to recover not a specific amplitude, but rather a waveform. In this method, several synchronous measurements of one or more cycles of excitation are sampled, and the results averaged. In principle, if the noise is uncorrelated, then it is reduced on each measurement average.
Recently, attention has turned to the use of the abovementioned lock-in techniques for embedded sensor systems [8] , [9] . Multiple source measurement techniques have also been introduced in [10] , and from a communications perspective, this is an example of the application of Orthogonal Frequency Division Multiplexing (OFDM).
The performance of synchronous detection has been studied in [11] - [13] . Depending on the measurement accuracy required, useful measurements can be recovered at SNR levels of below -40dB.
II. PROBLEM FORMULATION
In taking optical sensor measurements, the very low power levels (approximately 1mW emitted) and wide optical bandwidth of the sensor (in our case, 1200-2600nm) mean that considerable noise is introduced. Figure 1 shows an example of the measured signal when sampled with 16 bit resolution at 62.5kHz rate. The pulse excitation of the IR LED source is evident, but it is also clear that there is a significant noise component. This noise component may be reduced by the lock-in technique. Furthermore, there is clearly a considerable constant offset over this measurement interval. Although capacitive coupling of the sensor is a possibility, it has been found that this introduces additional problems. First, the very low photocurrents and very high impedance of the transimpedance amplifers used tends to introduce a considerable signal drift. Second, any such coupling introduces a lowpass filtering effect, and thus admits the possibility of further signal distortion. Photodetector signal sampling over a short term. The sampling frequency is fs=62.5kHz
For these reasons, a direct coupling of the sensor to the analog to digital converter is desirable. However, sampling such a signal over a longer term shows that a considerable lowrate drift is evident, as seen in the measured signal of Figure 2 . This drift is temperature related, and obscures the signal measurement. Furthermore, lock-in techniques are ineffective at eliminating this drift. This is because the fundamental mixing operation involves multiplication of the measured signal x m (t) by the synchronous excitation x i (t), its phasequadrature x q (t), and integration.
For simplicity, assume the excitation signal x r (t) is a pure sinusoid A r sin Ωt, and the system output is x m (t) = A m sin(Ωt + ϕ). If the measurement contains both constant offset κ and time-dependent drift ρt, then the integration over a synchronous interval yields
Because the integration limit may be chosen to be an integral multiple of the period, the first term becomes zero, and the last term may be shown to be proportional to A m , the quantity to be estimated. However, the drift-related term involving ρt then affects the result, as it is not annulled. 
III. RELATED WORK
Coherent averaging is a well-known technique in experimental physics. A signal is averaged over several sweeps and the resultant average reinforces the underlying signal component, whilst averaging out uncorrelated additive noise. This is illustrated in Figure 3 .
The theoretical performance improvement using this method may be derived as follows. For K sweeps (or scans), each sample in the waveform estimate iŝ
The mean-square becomes
where the last line follows from the assumption of additive white Gaussian noise being uncorrelated with the signal. Hence taking the expectation over N samples,
Thus the power signal to noise ratio becomes
This means that the improvement in SNR is directly proportional to the number of sweeps -an important result. More often, though, signal power is not of interest, but rather RMS amplitude of the signal. The improvement rate R per averaging sweep is then the square root of the SNR, and the effective performance improvement is
This proportionality to √ K is well-known and often cited.
IV. PROPOSED APPROACH
The concepts of coherent averaging and synchronous detection may be combined, and a formulation of the problem in terms of least-squares signal estimation is given below.
Define the true signal amplitude as A, with an estimated value A. The system (IR LED) is driven by a periodic excitation, and this is used to coherently sample M cycles such that there are N samples per cycle, for a total of K = M · N samples. The synchronous excitation vector is comprised of samples y(k)
. . .
Each sample point is then estimated as the synchronous average of the corresponding time point in the measured waveform from the photodiode. Thus the excitation y is known, as is the measured the response of the system x. Multiple measurements of this vector are taken over time, with a view to averaging out measurement and extraneous noise. Each output sample along the waveform x(k) is thus weighted by a fixed but unknown coefficient is to be estimated. Thus over S sweeps of measurement
The matrix equation defining the output is then formed as
This may be more compactly written in matrix form as 
Returning to the matrix form
The optimal solution is found by minimizing
where the weighting parameters are
This is clearly a least-squares problem, with the optimal solution minimizing the least-squares distance between y and Xv. This isv
The role of the matrix terms are analogous to an inverse, and are in fact the Moore-Penrose pseudoinverse
If the sweep measurements are correlated, the inverse in (21) may not exist. In the usual application of such least-squares procedures, interest lies in the estimated vector and the true vector
where the error vector is
. .
However, the synchronous excitation vector is known, and in effect the procedure amounts to re-estimation of the excitation y from the noisy samples X alone. In this formulation, though, the average of the weighting parameters is required, since this is the average weighting of each sample within a sweep. Each x is y scaled by A already (since A is the unknown system parameter to be estimated). Accordingly,Â = 1/(Sv) is an estimate of this (constant) weighting. This solution may be used to effect an estimate of the average magnitude for a measurement problem, and some results are given in the Results section below.
It is now demonstrated that a simple extension of this approach is able to accommodate not only a constant offset factor, but also a linear-time drift.
The weighting vector v is augmented with two additional terms -the offset v S+1 and the drift is v S+2 . The signal matrix X is then augmented column-wise to accommodate this, by using terms of the expected wave shape -a constant and scaled linear increase, respectively.
The situation depicted in Figure 4 now exists. Only five periodic waveforms are shown for simplicity, with the constant and linear terms appended. Each of the rows of this figure forms a column in X. Visualizing the measurement matrix X. The matrix is formed by columns corresponding to the rows above. This plot is intended to be illustrative of the data operations being performed.
The pseudo-inverse solution now allows estimation of the signal amplitude using v 1 : S , the fixed offset v S+1 , and drift parameter v S+2 .
V. RESULTS Table I gives some indicative results for the performance of the algorithm. The excitation signal was assumed to be sinusoidal, although the algorithm generalizes to any other periodic signal. The noise is AWGN at the signal to noise ratio shown. The table shows results for N = 20 samples per cycle and M sweeps. The periodic signal had amplitude 2.4, offset 5.6 and drift 0.8. A total of S = 400 sweeps are used for each test. It is clear that the method is able to estimate not only the periodic signal amplitude, but also the offset and drift parameters. These parameter estimates are good, even in the presence of considerable amounts of noise. 
VI. CONCLUSIONS
This paper discussed the fundamental measurement problem as it applies to infrared measurements using periodically excited sources. The commonly employed technique of coherent averaging is a straightforward, but is affected by drift and offset. The more complex lock-in technique using synchronous detection is able to give good signal amplitude estimates, provided there is no drift in the measured quantity. A different approach was formulated here, based on least-squares estimates of the (known) excitation signal based on the noisy measurements. It was shown that the approach works well, and is not only able to estimate the periodic signal amplitude, but simultaneously the offset and drift. The latter two may or may not be necessary, but it is our experience that accurate signal estimates can only be given when drift is kept to a minimum, and thus a drift estimate is a desirable outcome.
As with other signal averaging techniques, a large number of measurements of the noisy signal are required. In effect, it is a trade-off with longer measurement time for better signal estimates. In the proposed algorithm, the computational burden is not insignificant. The most computationally intensive part is a the inversion of a square (S + 2) × (S + 2) matrix; for the results given, this is a square matrix of 402 × 402 elements. However, computational techniques are able to solve this problem with relatively little CPU investment. The advantage gained in using this approach is that it takes into account the correlation of the noise. This is due to the computation of X T X, which of course forms an autocorrelation matrix. This aspect is likely to be valuable, since most measurements are filtered, and thus the measured signal is the convolution of the source and the impulse response of the (usually lowpass) filter. A larger problem for investigation is that of numerical stability. For this reason, singular value decomposition (SVD) approaches may be able to be applied.
